The purpose of this study is to assess the contribution of information provided by obstruent consonants (e.g., stops and fricatives) to speech intelligibility in simulated acoustic-electric hearing. As a secondary objective, this study examines the performance of an objective measure that can potentially be used for predicting the intelligibility of vocoded speech.
INTRODUCTION
Background noise is known to mask vowels and consonants differently and to a different extent. For one, the low-energy obstruent consonants (e.g., stops) are masked more easily by noise (Parikh & Loizou 2005; Phatak & Allen 2007) than the high-energy vowels and semivowels. A recent study showed that the information carried by the first two vowel formants is preserved to some degree even at low signal to noise ratio (SNR) levels (Parikh & Loizou 2005) . However, both the spectral tilt and burst frequency of stop consonants, which are known to be responsible for conveying place of articulation information (Blumstein & Stevens 1979) , were significantly influenced by noise. Furthermore, background noise corrupts acoustic landmarks produced by (abrupt) spectral discontinuities, such as those created by the closing and release of stop consonants. These consonant landmarks are believed to be crucial in lexical-access models (Stevens 2002) . In brief, the above findings indicate that, though the acoustic cues present in voiced speech segments (e.g., vowels) may be resistant, to some extent, to corruption by noise (Parikh & Loizou 2005) , the acoustic cues in the unvoiced and week energy segments (e.g., consonants) are severely completed and sometimes rendered useless. This raises the question as to whether cochlear implant (CI) listeners' degradation of performance in noise can be attributed, at least partially, to the loss of information carried by obstruent consonants.
In this study, we assess the contribution of information provided by obstruent consonants to speech intelligibility in simulated acoustic-electric hearing. These simulations emulate to a certain degree a recent development in CIs, known as the combined electric and acoustic stimulation (EAS). In EAS patients, an electrode array is implanted only partially into the base region of cochlea so as to preserve the residual acoustic hearing at low frequencies (typically 20 to 60 dB HL up to 750 Hz and severe to profound hearing loss at 1000 Hz and above), which many patients still have (von Ilberg et al. 1999; Kiefer et al. 2005; Gantz et al. 2006) . The low-frequency and highfrequency (Ͼ1000 Hz) speech information is provided to these patients via a hearing aid and a CI, respectively. Thus, these patients perceive speech via a combined EAS mode. A substantial amount of evidence exists supporting the benefits of EAS in terms of better speech recognition, in noisy environments, in studies involving EAS patients (Gantz & Turner 2003; Turner et al. 2004; Kiefer et al. 2005; Kong et al. 2005; Gantz et al. 2006 ) and simulation studies with normal-hearing (NH) listeners listening to vocoded speech (Dorman et al. 2005; Chang et al. 2006; Qin & Oxenham 2006; Kong & Carlyon, 2007; Li & Loizou, 2008a) .
The reasons for the large benefit of EAS in speech recognition in noise are not very clear. This study aims to ascertain whether having reliable access to the low-and/or high-fre-quency acoustic information helps listeners determine the location of the consonant landmarks, and subsequently aids them to identify the syllable/word boundaries in the speech stream. We do this, in experiment 1, by using noise-corrupted sentences in which we replace the noise-corrupted obstruent consonants with clean obstruent consonants, while leaving the sonorant sounds (vowels, semivowels, and nasals) corrupted. In one condition, listeners have only access to the lowfrequency (Ͻ600 Hz) acoustic portion of the clean consonant spectra, whereas in other condition, listeners have only access to the higher frequency (Ͼ600 Hz) portion (vocoded) of the clean consonant spectra. In experiment 2, we investigate a speech-coding strategy that selectively attenuates the lowfrequency portion of the consonant spectra while leaving the vocoded portion corrupted by noise. The motivation for attenuating selectively the acoustic portion of the consonant spectra is to determine whether listeners can better identify the consonant landmarks present in the speech signal, particularly in situations wherein the target is masked by steady continuous noise. Finally, as a secondary goal of this study, we examine the performance of an existing objective measure, known as the Perceptual Evaluation of Speech Quality (PESQ) measure (ITU-T 2000; Rix et al. 2001) , in terms of predicting intelligibility of vocoded speech. The PESQ measure was originally designed to assess speech quality (Rix et al. 2001 ) and was never evaluated in terms of predicting the intelligibility of vocoded speech. For this evaluation, we make use of all the intelligibility scores collected in experiments 1 and 2.
EXPERIMENT 1: CONTRIBUTION OF CLEAN OBSTRUENT CONSONANTS TO SIMULATED ACOUSTIC-ELECTRIC HEARING

Methods
Subjects
• Seven NH listeners participated in the experiment.
All subjects were native speakers of American English and were paid for their participations. The subjects' age ranged from 19 to 29 yrs, with majority being undergraduate students from The University of Texas at Dallas.
Stimuli
• The speech material consisted of phonetically-balanced sentences taken from the Institute of Electrical and Electronics Engineers (IEEE 1969) database. All the sentences were produced by a male speaker and recorded at a 25-kHz sampling rate in a sound-proof booth (Acoustic Systems) in our lab. Details on the recording setup, copies of recordings, and the phonetic labels indicating the unvoiced/voiced boundaries in the IEEE corpus are available from a connected discourse in Loizou (2007) . Two types of maskers were used to corrupt the IEEE sentences. The first was continuous steady-state noise (SSN), which had the same long-term spectrum as the test sentences in the IEEE corpus. The second was two equal-level interfering female talkers (2-talker) based on two of the longest (in duration) sentences in the corpus. The same masker segment was used for all sentences. The test sentences were corrupted by the SSN and 2-talker maskers at Ϫ5, 0, and 5 dB SNR.
Signal processing • The stimuli were presented in six different processing conditions. The first processing condition was designed to simulate the effect of eight-channel electrical stimulation and used an eight-channel sinewave-excited vocoder (Loizou et al. 1999 ). Signals were first processed through a preemphasis (highpass) filter (2000 Hz cutoff) with a 3 dB/octave rolloff and then bandpassed into eight frequency bands between 80 and 6000 Hz using sixth-order Butterworth filters. The equivalent rectangular bandwidth scale (Glasberg & Moore 1990 ) was used to allocate the eight channels within the specified bandwidth. This filter spacing has also been used by Qin and Oxenham (2006) and is shown in Table 1 . The envelope of the signal was extracted by full-wave rectification and low-pass (LP) filtering using a second-order Butterworth filter (400 Hz cutoff). Sinusoids were generated with amplitudes equal to the root-mean-square energy of the envelopes (computed every 4 msecs) and frequencies equal to the center frequencies of the bandpass filters. The sinusoids of each band were finally summed up, and the level of the synthesized speech segment was adjusted to have the same root-meansquare value as the original speech segment. The second processing condition simulated the acoustic stimulation alone. The signal was LP filtered to 600 Hz using a sixth-order Butterworth filter. The 600-Hz cutoff was chosen because it closely mimicked the situation with EAS patients who had residual hearing up to approximately 500 to 750 Hz and precipitous hearing loss thereafter (von Ilberg et al. 1999; Turner et al. 2004; Kiefer et al. 2005; Gantz et al. 2006) . The third processing condition simulated the combined EAS. To simulate the effects of EAS with residual hearing Ͻ600 Hz, we combined the LP stimulus from condition 2 with the upper five channels of the eight-channel vocoder from condition 1, as shown in Table 1 .
The remaining three processing conditions investigated the impact to speech recognition of having access to clean vocoded portion of the obstruent consonants alone, clean acoustic portion alone, or both. The sonorant segments (e.g., vowels) were left corrupted by either the SSN or 2-talker maskers. In the fourth processing condition, the acoustic portion of the obstruent consonants was left corrupted, whereas the vocoded portion was clean. In the fifth processing condition, the (low-frequency) acoustic portion of the obstruent consonants was clean, whereas the vocoded portion was left corrupted. Finally, in the sixth processing condition, both the acoustic and the vocoded portions of the obstruent consonant spectra were clean. We will refer to the above-mentioned six processing conditions as: (1) LP portion but corrupted vocoded portion in weak consonants (LPc ϩ V), and (6) LP ϩ V with clean LP portion and clean vocoded portion in weak consonants (LPc ϩ Vc).
Procedure
• The experiment was performed in a sound-proof room (Acoustic Systems) using a PC connected to a TuckerDavis system 3. Stimuli were played to listeners monaurally through a Sennheiser HD 250 Linear II circumaural headphone at a comfortable listening level. Before the test, each subject participated in a 10-min training session to listen to a set of V and LP ϩ V stimuli and familiarize themselves with the testing procedure. At the training session, the subject selected the ear (left or right) they were comfortable when listening to the stimuli, and then used the selected ear to complete the whole test. During the test, the subjects were asked to write down all the words they heard. Each subject participated in a total of 36 conditions (ϭ two maskers ϫ three SNR levels ϫ six algorithms). Two lists of IEEE sentences (20 sentences) were used per condition, and none of the lists were repeated across the conditions. The order of the test conditions was randomized across subjects. Subjects were given a 5-min break every 30 mins during the test.
Results
The mean scores for all conditions are shown in Figure Significant improvements in intelligibility were noted in steady and two-talker masker conditions when the listeners had access to the clean obstruent consonants in both the acoustic and vocoded portions of the spectrum (LPc ϩ Vc stimuli). In the steady-state masker conditions, improvement with the LPc ϩ Vc stimuli relative to the LP ϩ V stimuli ranged from 15 percentage points at 5 dB SNR to 30 percentage points at Ϫ5 and 0 dB SNR levels. Post hoc tests, according to Fisher's Least Significant Difference (LSD) test, revealed that the scores with LPc ϩ Vc stimuli were significantly (p Ͻ 0.005) higher than the scores obtained with LP ϩ V stimuli at Ϫ5 and 0 dB SNR levels, but not at the 5 dB SNR level (p ϭ 0.101). A similar pattern was observed in the two-talker conditions. Scores obtained with LPc ϩ Vc stimuli were significantly (p Ͻ 0.005) higher (by about 32 to 34 percentage points) than scores obtained with LP ϩ V stimuli at Ϫ5 and 0 dB SNR levels, but not at 5 dB SNR level (p ϭ 0.199).
At extremely low SNR levels (Ϫ5 dB), scores obtained with LPc ϩ Vc in two-talker conditions were higher (by 10 percentage points) than corresponding scores in SSN conditions. This outcome suggests a trend for masking release, at least for extremely low SNR levels, and extends the results reported in Li and Loizou (2009) with vocoded stimuli. Results from the study by Li and Loizou indicated that NH listeners performed better with fluctuating maskers than with steady noise when the listeners had access to the clean obstruent consonants, even when speech was vocoded into six channels. This outcome was interpreted to suggest that having access to the acoustic landmarks provided by the obstruent consonants enables listeners to integrate effectively pieces of the message glimpsed over temporal gaps into one coherent speech stream. The finding that masking release was largest at low SNR levels is consistent with other studies (Bernstein & Grant 2009; Oxenham & Simonson 2009 ).
There was a clear advantage and benefit when the clean obstruent consonants were introduced amid otherwise corrupted (noise masked) voiced segments. It was not clear, however, whether it was access to the low-frequency (Ͻ600 Hz) acoustic portion of the consonant spectrum or access to the vocoded portion (Ͼ600 Hz) of the consonant spectrum that contributed the most. The data in Figure 1 indicate that it was access to the vocoded portion of the consonant spectra, rather than access to the low-frequency acoustic portion of the consonant spectra that contributed the most to the large improvements in performance obtained with the LPc ϩ Vc stimuli. Post hoc tests confirmed that performance with the LP ϩ Vc stimuli was significantly higher (p Ͻ 0.05) than performance with the LP ϩ V stimuli at Ϫ5 and 0 dB SNR levels in the SSN masker conditions, and significantly higher at all SNR levels in the two-talker masker conditions. This finding is not surprising because most of the energy of obstruent consonant spectra lies in the high frequencies (Ͼ1.5 kHz). Fricatives such as /s/, for instance, have much of their energy concentrated above 4 kHz (Manrique & Masone 1981) .
The outcomes from this experiment imply that much of the degradation in performance of CI users in noisy conditions can be attributed to the fact that the weak consonants (e.g., /f/) are masked by noise, making it extremely difficult for them to identify these consonants (and fuse them with other phonetic segments) in the noisy speech stream. The high-frequency portion of the weak consonants' spectra is likely to be masked to a larger degree than the low-frequency portion of the spectrum. This was supported by the data in Figure 1 showing that larger improvements in intelligibility were obtained when listeners had access to the clean vocoded portion (Ͼ600 Hz) of the consonant spectra. Access to the low-frequency portion of the consonant spectra is also important because it provides important acoustic landmarks, necessary for detecting syllable/ word onsets (Stevens 2002; Li & Loizou 2008b) . The contribution of the low-frequency (Ͻ600 Hz) acoustic portion of the consonant spectra alone is investigated in the next experiment.
EXPERIMENT 2: EFFECT OF SELECTIVE ATTENUATION OF OBSTRUENT CONSONANTS
The significant contribution of information carried by obstruent consonants on speech recognition in simulated acousticelectric hearing was demonstrated in experiment 1. The subjects in experiment 1 had access to the clean obstruent consonants, hence they were provided with both clean acoustic landmark information (e.g., stops' closures) and clean consonant (sonorant segments were left corrupted) information. In the present experiment, we assess the contribution of having access to acoustic landmark information alone, while limiting the access to the clean consonant information in the vocoded portion of the spectrum. This experiment is thus designed to assess the contribution of acoustic landmarks alone, such as those evident in spectral discontinuities associated with consonant closures and releases.
Methods
Subjects and stimuli • Six new NH listeners participated in this experiment. All subjects were native speakers of American English and were paid for their participations. The subjects' age ranged from 18 to 39 yrs, with majority being undergraduate students from The University of Texas at Dallas. The same test sentences (IEEE 1969) were used as in experiment 1 and were corrupted by the SSN and 2-talker maskers at 0 and 5 dB SNR levels.
Signal processing • The stimuli were presented in six different processing conditions. The first and second processing conditions were vocoded speech alone (V) and combined LP and vocoded speech (LP ϩ V). The third was LP ϩ V with clean LP portion and clean vocoded portion in weak consonants (LPc ϩ Vc). These three conditions were the same as those used in experiment 1 and are used here as control conditions for comparison.
To create stimuli with relatively accurate acoustic landmark information, we selectively attenuated the low-frequency portion of the consonant stimuli while leaving the vocoded portion corrupted. The assumption made here is that for the majority of the obstruent consonants there exists little energy in the low-frequency portion of the spectrum, with most of the energy concentrated in the higher frequencies. Hence, by attenuating the low-frequency portion, we provide to the listeners acoustic landmark information without providing them with information about the consonant spectra in the high-frequency (vocoded) portion of the spectra. The vocoded consonant spectra (residing in region above 600 Hz) are left noise corrupted. Having access to the hand-labeled voiced/unvoiced boundaries (Loizou 2007) , we further identified the weak consonants as stops or fricatives and applied different attenuation scaling factors for stops and fricatives in the LP portion. The motivation for using different attenuation is given in Figure 2 showing the histograms of low-to-high energy ratios* for stops and fricatives/affricates. As can be seen from Figure 2 , the low-to-high energy ratio of fricatives is smaller (by approximately 10 dB) than that of *The low-to-high energy ratio was computed as the ratio of the consonant's energy in the low-frequency portion (80 HzϽfϽ600 Hz) to the high frequency portion (600 HzϽfϽ6000 Hz) of the spectrum. For the analysis, we used consonant segments extracted from the TIMIT corpus (Garofolo et al. 1993 ) based on the phonetic transcriptions available in the TIMIT database. The seven selected stops included /t, p, b, d, g, k, /, and the 10 fricatives and affricates included /s, v, ͐, z, , f, , ð, d , t͐/. At least 100 segments were extracted for each consonant from a total of 678 TIMIT sentences. Based on the sampling frequency (16 kHz) of the TIMIT sentences, the consonants' spectra were computed using a 256-point FFT and a 16-ms window. The low-to-high energy ratios of all stops and fricative/affricate segments were accumulated and plotted as a histogram of ratios expressed in dB. Figure 2 shows the histogram of low-to-high energy ratios of stops and fricatives/affricates. stops, suggesting a more aggressive attenuation of the lowfrequency (Ͻ600 Hz) portion of fricatives/affricates. Based on the data from the histogram in Figure 2 , the fourth processing condition multiplied the envelopes of the stops and fricatives in the LP portion by 0.1 and 0.01, respectively, corresponding to Ϫ20 and Ϫ40 dB attenuation of the envelopes. The envelopes of the stops and fricatives in the vocoded portion of the spectrum (Ͼ600 Hz) remained unchanged. Similarly, the fifth processing condition used the value of 0.01 to attenuate the stops' envelopes in the LP portion and the value of 0.1 for the fricatives. The sixth processing condition applied the same value, 0.01, for both stops and fricatives in the LP portion. The above-mentioned three processing conditions will be referred as: LP ϩ V (S: 0.1, F: 0.01), LP ϩ V (S: 0.01, F: 0.1), and LP ϩ V (S, F: 0.01), where S indicates stops and F indicates fricatives/affricates. Figure 3 shows example spectrograms of a sentence corrupted in 0 dB SSN and processed in the LP ϩ V (S: 0.01, F: 0.1) condition. As shown, the acoustic landmarks signifying the onset/offset of weak consonants are more evident in the LP ϩ V (S: 0.01, F: 0.1) stimulus (panel d) than in the LP ϩ V stimulus (panel c).
Procedure • The procedure was identical to that used in experiment 1. Each subject participated in a total of 24 conditions (ϭ two maskers ϫ two SNR levels ϫ six algorithms). Two lists of sentences (or 20 sentences) were used per condition, and none of the lists were repeated across the conditions. The order of the test conditions was randomized across subjects.
Results
The mean scores for all conditions are shown in Figure 4 . Performance was measured in terms of percent of words identified correctly (all words were scored). As shown in Figure 4 , small improvement (14 percentage points) in performance was obtained at 0 dB SNR (SSN masker) with stimuli processed in the LP ϩ V (S: 0.01, F: 0.1) condition relative to the LP ϩ V processed stimuli. Post hoc tests, according to Fisher's LSD, confirmed that the difference was statistically significant (p ϭ 0.015). The difference be- tween the scores obtained with LP ϩ V processed stimuli and LP ϩ V (S: 0.1, F: 0.01) stimuli was also found to be statistically significant (p ϭ 0.043). The scores obtained with the LP ϩ V (S, F: 0.01) stimuli did not differ significantly (p ϭ 0.136) from the LP ϩ V scores. This outcome suggests that the use of different attenuations for stops and fricatives is necessary to receive significant improvements in intelligibility. The differential attenuation was found to be necessary given the difference between the stops and fricatives in the values of low-to-high energy ratios (see Fig. 2 ).
Post hoc tests (Fisher's LSD) assessing the difference in scores between the LP ϩ V stimuli in the 2-talker masker conditions, and other processing conditions involving different forms of attenuation of the LP portion of the stimuli, indicated nonsignificant (p Ͼ 0.05) differences. We take the absence of improvement in the 2-talker conditions with the introduction of acoustic landmarks to suggest that the acoustic landmarks were already evident. Hence, selectively attenuating the LP portion of the obstruent consonants did not provide a clearer picture of the already existing landmarks. In contrast, as shown in the spectrograms in Figure 3 , the consonant acoustic landmarks are absent in SSN conditions.
The finding that the introduction of low-frequency acoustic landmarks can provide a small (about 10 percentage points), but statistically significant improvements in intelligibility is consistent with the outcome of our previous study with nonvocoded stimuli (Li & Loizou 2008b ). This study assessed the importance of providing partial information, within a frequency region, of the obstruent-consonant spectra while leaving the remaining spectral region unaltered (i.e., noise corrupted). Access to the low-frequency (0 -1000 Hz) region of the clean obstruent consonant spectra was found to be sufficient to realize significant improvements (20 percentage points) in performance and that was attributed to improvement in transmission of voicing information. Taken together, the outcomes from the present and the study by Li and Loizou (2008b) suggest that much of the improvement in performance must be due to the enhanced access to acoustic landmarks. These landmarks, often blurred in noisy conditions, are critically important for understanding speech in noise (particularly at low SNR levels) for better determination of the syllable structure and word boundaries (Stevens 2002) .
In the context of CIs, this study suggests that EAS patients can potentially benefit from signal processing techniques that can make the obstruent-consonant landmarks more evident. We postulate that the landmarks are not evident, or perceptible, to CI patients owing to the fact that these landmarks are smeared by envelope compression and also because they are easily masked by background noise. As argued in the study by Li and Loizou (2009) , envelope compression smears the acoustic landmarks a great deal (more so in background noise) making it extremely difficult for CI users to identify word boundaries. Methods suggested for addressing the envelope compression effects are presented in the study by Li and Loizou. Poor spectral resolution, as afforded by current CI devices, further exacerbates the situation because it reduces speech redundancy and forces listeners to rely more on information carried by acoustic landmarks to identify word or syllable boundaries. Without good and accurate knowledge of the location of the acoustic landmarks, it becomes extremely difficult for users to first identify the pieces (based perhaps on their delineating boundaries) of the underlying message and then integrate those pieces together.
In terms of practical implementation, one can devise a speech-coding strategy that first identifies the presence of consonant landmarks, and then either applies the necessary attenuation to the low-frequency portion of the spectrum or enhances ("cleans") the high-frequency portion of the spectrum. Enhancing or "cleaning," however, the high-frequency portion of the spectrum is relatively more challenging given that the high-frequency region is masked more easily by background noise than the low-frequency region (Parikh & Loizou 2005; Li & Loizou 2008a) . Hence, attenuating the low-frequency portion of the spectrum of detected weak consonants would be a more reasonable and more reliable speech-coding strategy. Landmark-detection algorithms do exist in literatures and are capable of identifying the boundaries of voiced/unvoiced segments with a satisfactory high accuracy (Liu 1996; Salomon et al. 2005; Jayan & Pandey 2008; Junega & Espy-Wilson 2008) , at least in quiet. Further research is warranted to extend and perhaps redesign some of the existing landmarkdetection algorithms to perform well in noisy conditions.
AN OBJECTIVE MEASURE FOR PREDICTING INTELLIGIBILITY OF VOCODED SPEECH
As a secondary goal of this study, we investigated the performance of an existing objective measure, originally designed to assess speech quality, in terms of predicting the intelligibility of vocoded speech. Although a number of speech intelligibility indices exist, such as the articulation index (Kryter 1962; ANSI 1997) and speech transmission index (STI) (Steeneken & Houtgast 1980) , none of these indices have been evaluated with vocoded speech. Goldsworthy and Greenberg (2004) suggested that the STI computation can potentially be customized to match a particular CI speech processor by matching the frequency bands and method of envelope calculation. They further suggested that an alternate mapping from STI to percent correct scores may be required for vocoded speech. No correlations, however, were reported in their study with vocoded speech. This study takes the first step in examining the correlation of an objective measure with vocoded speech. This measure is currently an established standard by the International Telecommunication Union (ITU) for assessment of speech quality (ITU-T 2000) .
Description of PESQ Measure
The PESQ measure was originally designed to predict speech quality (ITU-T 2000; Rix et al. 2001) . Nonetheless, a moderately high correlation was found by Ma et al. (2009) between PESQ values and speech intelligibility scores. Briefly, the PESQ measure is computed as follows. The original (clean) and degraded signals are first level equalized to a standard listening level, and filtered by a filter with response similar to a standard telephone handset. The signals are aligned in time to correct for any time delays, and then processed through an auditory transform to obtain the loudness spectra. The absolute difference between the degraded and original loudness spectra is used as a measure of audible error in the next stage of PESQ computation. Note that unlike most objective measures that treat positive and negative loudness differences the same (by squaring the difference), the PESQ measure treats these differences differently. This is because positive and negative loudness differences affect the perceived quality differently. A positive difference would indicate that a component, such as noise, has been added to the spectrum, whereas a negative difference would indicate that a spectral component has been omitted or heavily attenuated. Compared with additive components, the omitted components are not as easily perceived due to masking effects, leading to a less objectionable form of distortion. Consequently, different weights are applied to the positive and negative differences. The differences, termed the disturbances, between the loudness spectra are computed and averaged over time and frequency to produce the prediction of speech quality. The final PESQ score is computed as a linear combination of the average disturbance value (d sym ) and the average asymmetrical disturbance value (d sym ) as follows:
where a 0 ϭ 4.5, a 1 ϭ Ϫ0.1, and a 2 ϭ Ϫ0.0309. The range of the PESQ score is Ϫ0.5 to 4.5, although for most cases, the output range will be a score between 1.0 and 4.5. High correlations (r Ͼ 0.92) with subjective listening tests were reported by Rix et al. (2001) using the above PESQ measure for a large number of testing conditions taken from mobile, fixed, and voice over internet protocol applications. More details regarding the PESQ computation, along with its MATLAB implementation, can be found in Loizou (2007) and ITU-T (2000).
Results
The speech recognition scores collected from all conditions in experiments 1 and 2 were used to assess the predictive power of the PESQ measure. More specifically, the average speech recognition scores (or intelligibility) for each condition were used in conjunction with the corresponding average PESQ scores in the correlation analysis. In all, there were a total of 27 pairs (15 from experiment 1 [three SNR levels ϫ five conditions] and 12 from experiment 2 [two SNR levels ϫ six conditions]) of intelligibility and PESQ scores for each masker tested. Figure 5 shows separately the scatter plots of intelligibility scores versus predicted PESQ scores for the SSN and 2-talker maskers. High correlations (r ϭ 0.92 to 0.94) were obtained in both masker conditions for vocoded and LP ϩ V processed speech. The resulting standard error of the prediction (SEP) was 8.37% and 9.58%, respectively, for SSN and 2-talker masker conditions. The correlation of PESQ with vocoded speech alone (i.e., excluding LP ϩ V processed speech) was also high, r ϭ 0.99 (SEP ϭ 2.49%) for the SSN conditions and r ϭ 0.94 (SEP ϭ 6.72%) for the 2-talker conditions. The clustering of the PESQ scores in the low range (1 to 2) was expected, given the poor quality of vocoded speech and the low-SNR levels examined. Higher PESQ scores are expected for speech vocoded at higher SNR levels.
The high correlations obtained with the PESQ measure were surprising at first, given that this measure assesses overall loudness differences between the input (clean) and processed speech signals, and as such it is more appropriate for predicting subjective quality ratings (Bladon & Lindblom 1981) than intelligibility. The PESQ measure has been shown in Hu and Loizou (2008) to correlate well (r ϭ 0.81) with subjective ratings of speech distortion introduced by noise suppression algorithms. Hence, in this regard, it is reasonable to expect that a measure that predicts reliably speech distortion (and overall quality) should also be suitable for assessing speech intelligibility. This is based on the premise (and expectation) that the distortion often introduced by noise suppression algorithms (e.g., spectral attenuation near formant regions) and imparted on the speech signal should degrade speech intelligibility. Indeed, the intelligibility study by Hu and Loizou (2007) showed that some noise-suppression algorithms can degrade speech intelligibility in noisy conditions. The high correlations obtained with the PESQ measure with the intelligibility of vocoded speech suggest that this measure also captures speech distortions present in vocoded speech. 
CONCLUSIONS
This study assessed the contribution of consonant landmarks to speech intelligibility in simulated acoustic-electric hearing. On the basis of the data collected from experiments 1 and 2, we can draw the following conclusions:
1. Providing access to the clean obstruent spectra yielded substantial improvements in intelligibility relative to the LP ϩ V condition. Performance improved by as many as 30 percentage points in both masker conditions, particularly at low SNR levels (Ϫ5 and 0 dB). 2. Masking release was observed for low SNR levels (Ϫ5 dB) when listeners had access to the clean obstruent spectra. This was consistent with our previous study on vocoded speech (Li & Loizou 2009 ). This outcome suggests that having access to the acoustic landmarks provided by the obstruent consonants enables listeners to integrate effectively pieces of the message glimpsed over temporal gaps into one coherent speech stream. 3. Data analysis revealed that the improvement obtained with LPc ϩ Vc stimuli can be attributed mostly to having access to clean consonants in the vocoded portion of the spectrum (Ͼ600 Hz) rather than to having access to the acoustic portion (Ͻ600 Hz). This is explained by the fact that most of the energy of obstruent consonants resides at high frequencies (Ͼ1.5 kHz). 4. Analyses in experiment 2 revealed that having access to low-frequency (Ͻ600 Hz) consonant landmark information alone can provide significant improvements in intelligibility, at least at low SNR levels and in the SSN conditions. This improvement was small, yet statistically significant, and is consistent with our previous study with nonvocoded speech (Li & Loizou 2008b ). The lack of improvement at higher SNR levels can be attributed to the fact that at higher SNR levels, listeners make use of other, perhaps more salient, cues including clearer consonant landmarks. 5. The PESQ measure was found to predict well (r ϭ 0.92 to 0.94) the intelligibility of vocoded and LP ϩ V processed speech.
